This article investigates how the amplitude and phase characteristics of the inner ear influence the spectrotemporal representation of harmonic complex sounds. Five experiments are reported, in each of which three sets of maskers are compared that differ only in their phase spectra. The amplitude spectra of the complexes were flat and the phase choices were (a) zero phase, (b) Schroeder phases with a positive sign, and (c) Schroeder phases with a negative sign. In the first four experiments, the spectra contained all harmonics between 200 and 2000 Hz. In experiments 1 and 2, the signal frequency was fixed at 1100 Hz and the fundamental frequency of the maskers was varied. In experiments 3 and 4, the fundamental frequency of the maskers was fixed and the signal frequency varied between 200 and 2000 Hz. In experiments 1 and 3, the signal duration was long compared to the period of the maskers. In experiments 2 and 4, the signal duration was only 5 ms and thresholds were determined for different time points within the masker's period. The results show a strong correlation between the minima of the short signa!'s thresholds and the threshold of the long signal. In experiment 5, the spectral extent of the masker was shifted to values one octave lower (100 to 1000 I-Lz) or one or two octaves higher (400 to 4000 Hz and 800 to 8000 Hz, respectively). For each spectral region, masked thresholds of a long signal were obtained for three values of the fundamental frequency. In all five experiments the thresholds depended very much on the specific phase choices with differences of up to 25 dB. The masker with a negative Schroeder phase always led to the highest thresholds. The thresholds of the masker with a positive Schroeder phase, on the other hand, were for a wide range of parameters lower than the thresholds for the zero-phase masker.
INTRODUCTION
One of the intriguing qualities of the human heating system is its ability to follow fast temporal variations in the acoustic input signals with high accuracy. This property is a prerequisite for higher perceptual processes based on the analysis of temporal cues within the signals. One example of these central processes is the separation or perceptual grouping of simultaneous sounds on the basis of differences in envelope modulation frequency (e.g., Bregman et al., 1985) .
The measurement of temporal effects and the modeling of temporal resolution within the human hearing system is therefore one of the main fields of interest in current psy- of this approach, closely related to the procedure used in the present study, is the masking technique. In this paradigm, a modulated sound with a ce•lain modulation depth is used as masker. The threshold for detection of a short-duration signal is measured as a function of its temporal position within the modulation period. This experimental approach is based on the assumption that the threshold of the signal reflects in a direct way the lemporal coJrse of the masker's internal excitation (Zwicker, 1976/77; Fastl, 1977; Rodenburg, 1977) .
In the present study, we investigate masking properties of periodic complex-tone maskers in relation to phase dispersion in the inner ear. The envelope modulation of the maskers is varied by manipulating their phase spectrum. Thus these experiments are' on the one hand related to the topic of "monaural phase effects" (e.g., Goldstein, 1967; Patterson, 1987) . On the other hand, by manipulating the phase spectrum, we generate broadband stimuli with an amplitude or a frequency modulation, two classes of signals that are usually not directly compared in terms of their spectrotcmporai excitation (e.g., Zwicker, 1974 These experiments continue earlier work on complextone masking, where we compared the masking of continuous targets produced by pairs of maskers differing only in their phase spectra (Smith et al., 1986) . Although the envelopes of both maskers were flat and identical, differences of up to 20 dB were obtained in the masked thresholds. Through simulations with a digital, linear basilar-membrane filter we could demonstrate that differences in masked thresholds were largest for those maskers which had the largest difference in modulation depth at the output of the basilar-membrane filter. If low-masked thresholds of a stationary signal are produced by pronounced valleys in the envelope of the masker, the basilar-membrane approach can explain most of the effects observed in this previous investigation.
In the present study, this way of reasoning is tested with the technique of masking period patterns (MPPs). A signal pulse with a duration shorter than the period of the masker is placed at different time points within the period of the masker. If the previous explanation is correct we should find a masking pattern of the short tone pulse which closely resembles the envelope fluctuations of the basilar-membrane filtered masker. The signal levels at the minima in these masking patterns should be highly correlated with the thresholds obtained for stationary signals. For a zero-phase complex (or periodic pulse), such a correlation had been found by Duifhuis (1971) .
In addition to the two Schroeder-phase maskers used in the first study, a sine-phase masker with all components in zero phase was included in all experimental conditions. As this masker has a constant phase value at the input to the ear, the peak factor of the input time signal--and thus the modulation depth---is maximal. Due to its simple phase spectrum, the results for a zero-phase masker should allow a better understanding of the role of the phase characteristic of the inner ear for the internal representation of complex sounds.
In a final experiment phase effects are compared in four spectral regions. Measurements are performed at signal frequencies of 550, 1100, 2200, and 4400 Hz. At each signal frequency three different fundamental frequencies for the harmonic maskers are used. The spectral parameters of the maskers at the various signal frequencies are chosen to test the hypothesis that (according to a first approximation) the amplitude and the phase characteristic of the auditory filters is invariable by shifting on a logarithmic frequency scale. Three different values for the starting phases O n were used: A constant value of zero for all O n , for which the time function resembles a pulse sequence with an interpulse interval given by the inverse of the fundamental frequency. This signal will be named the "sine-phase" complex or tn 0 complex.
The two other phase choices are based on a formula proposed by Schroeder (1970):
where N = n2-n I + 1 gives the total number of components in the complex. This phase choice reduces the peak factor of the time function and leads to a relatively flat temporal envelope. The formula can be used both with a ..... sign before the fraction [as in Eq. (2)] and with a "+" sign. The signals generated with 0 n values given by Eq. (2) will be called m_ signals, while the term m + signals will be used, if the "+" sign is used. The three time functions for a complex with fundamental frequency 100 Hz and the different phase choices are shown in Fig. 1 . The upper panel shows the sine-phase complex, the middle panel a Schroeder-phase complex with a ..... sign as in Eq. (2) (m_) and the bottom panel shows a Schroeder-phase complex with a "+" sign (m +). An important feature of the Schroeder-phase signals is the slope of the instantaneous frequency within each period, which is linearly increasing for the m_ complex and linearly decreasing for the rn + complex. This can be seen by comparing the "wavelength" of the fine structure at the beginning and the end of each period.
In the time function of the sine-phase signal, a low-and a high-frequency ripple is apparent between the peaks. These oscillations correspond to the lower-and upper-edge frequencies of the complex and can be perceived as separate pitches superimposed on the 100-Hz virtual pitch of the complex Houtsma, 1991,1992 ; see also Moore and Glasberg, 1989) .
The spectrotemporal properties of the three signals can be analyzed more clearly in a short-time-spectrum representation. In experiments I to 4, the masker level was 75 dB SPL. trials was then taken as a single threshold value (Kollmeier et al., 1988) . During these 20 trials, typically 4 to 6 reversals of the signal level occurred.
In experiments 1, 2, 4, and 5, each subject performed four measurements per condition and the median was taken as the threshold value. In experiment 3 the individual data points are averages of two single measurements. If these two values differed by more than 3 dB, a third value was obtained and the two closer values were averaged. If subjects had difficulties reaching a stable threshold a larger number of measurements was performed and the final four values were used to calculate the median. A new aspect of these data is the relation between the sine-phase and the positive Schroeder-phase masker. Only at the lowest values of fo does the sine-phase masker lead to the lowest masked thresholds. For all fundamental frequencies above 60 I-Iz, however, the positive Schroeder-phase masker produces less masking than the sine-phase masker, with a maximum difference in masked thresholds of more than 6 dB.
Results

Experiment 2: Short signal pulse
In the second experiment, thresholds of a 5-ms signal were measured as a function of its temporal position within the masker. Three different values for f0 were used for the maskers: (1) A high value of 220 Hz, which is somewhat greater than the critical bandwidth at 1100 Hz, and for which there should be only a small interaction between adjacent masker components and phase effects should be small; (2) a medium value of 100 Hz, for which the results of experiment 1 indicate a large difference between the two Schroederphase maskers; and (3) a low value of 25 Hz, for which, in the previous experiment, the sine-phase musket led to the lowest thresholds, and the differences between the two Schroeder-phase maskers became small.
In 
B. Variable signal frequency, fixed fundamental frequency of the masker
In this second part of the study, the fundamental frequency of the maskers was fixed at 100 Hz and the signal frequency was varied over the whole spectral range of the maskers.
Experiment 3: Stationa;•t signal
The temporal properties of this experiment were chosen to be parallel to those of experiment 1: The 260-ms signal was added to the temporal center of the 320-ms masker and was long compared to the period of the complex. At a higher signal frequency of 600 Hz, the patterns are much more modulated (Fig. 9) . The maxima for the two Schroeder-phase maskers no longer occur at the same signal delay. Following the considerations given in the Appendix, the maxima for the m_ masker (D) are expected at to=150 ms and those for m+ (<3) at to=155 ms. The vertical arrangement of the three curves matches the average results for the stationary signal in Fig. 7 with m_ leading to the highest and tn + leading to the lowest value.
In Fig. 10 , the data for the 1600-Hz signal are presented. Here, the rn+ masker (<3) produces a broad minimum between t o = 154 and 158 ms, which is about 2 dB lower than the minimum of the sine-phase masker. The pattern of the rn_ masker is very flat over the period of the masker, as it is expected from experiment 3.
The The question for the final experiment was whether the previously observed phase effects at 1100 Hz are related in a systematic way to phase effects at other frequencies. This was investigated by measuring masked thresholds at four signal frequencies of 550, 1100, 2200, and 4400 Hz. The spectral parameters at the signal frequency 1100 Hz (line two in Table I ) agreed with those used in experiment 1. The parameters at the other signal frequencies were chosen to test whether the amplitude and phase characteristics of the innerear filters are invariable on a logarithmic frequency scale. In this case the temporal envelope of a specific masker, transformed into the various frequency regions according to Table  I and filtered at the corresponding signal frequency, always has the same degree of amplitude modulation and the relative arrangement of thresholds for the three phase choices should remain the same in all spectral regions. The spectral composition of the maskers was derived from the 1100-I-Iz condition by scaling each frequency including fo down by the factor 2 (for the signal frequency of 550 Hz, line 1 in Table  I ) or enlarging it by the factor 2 or 4 (signal frequencies 2200 and 4400 Hz, line 3 and 4 in Table I ). With this spectral transformation, the number of masker components is the same in all spectral regions for corresponding values of f0 (low, middle, high). Before we proceed to discuss the experimental data, we will, in the following section, first summarize the experimental results and emphasize the important details. It is, however, much more difficult to derive predictions about the phase characteristic of the internal filter from psychophysical data. For instance, in the study on mortaural phase perception by Goldstein, it was explicitly assumed that "the unknown phase characteristic of the analyzing filter has a negligible effect upon the excitation envelope, in comparison with the effect of external AM/QFM phase transformation" (Goldstein, 1967, p. 468) . As was pointed out later in the same paper, neglecting the internal phase is equivalent to neglecting a deviation from a constant plus linear phase, i.e., neglecting any curvature in the phase-versus-frequency characteristic. In the following it is shown that the present data do impose restrictions on the curvature of the internal phase of the auditory filter.
As an example, we will consider a condition with very strong differences for the three phase choices: f0=100 Hz and fr = 1100 Hz. The flat envelope of the Schroeder-phase maskers is achieved by choosing phase values with a constant curvature (second derivative of the phase-versusfrequency characteristic). This phase choice results in a linear frequency modulation within each period (Schroeder, 1970) . If a frequency-modulated signal is passed through a bandpass filter, the frequency modulation is transformed into an amplitude modulation. However, for a linear-phase filter this would not result in different degrees of modulation for these two maskers and the MPPs should be similar. Different degrees of modulations for the two Schroederphase maskers are expected at the output of a filter for which the curvature in the phase characteristic has a constant sign within its passband. If the curvature has a similar, but opposite value as the phase curvature of a Schroeder-phase complex, the phase differences between adjacent components will be flattened out by the filter and the resulting waveform will be highly peaked. For the Schroeder-phase complex with an opposite sign, the curvature in the phase characteristic will be even increased by such a filter and the waveform after filtering will have a rather flat envelope.
The optimum match between stimulus phase and filter phase can be derived from the threshold values in Figs. 3 and 7 by looking for the maximum differences between rn 0 and rn. data. In Fig. 3, differences phase characteristic of the auditory filters with frequency, one has to conclude that between 1100 and 4400 Hz, the phase curvature of the filters decreases less than a factor of 16. This would imply that in this frequency range the phaseversus-frequency relation of the auditory filters is not constant on a logarithmic frequency scale.
B. Model calculations
In the following section we support the considerations about the filter phase by using two filters with different curvatures in their phase characteristics. The first filter is the popular rounded-exponential auditory filter (Patterson et al., 1982) . Using the implementation as a fourth-order Gammatone filter ) with a center frequency of 1100 I-Iz, the filtered waveforms for the m0, the m+ and the rn_ maskers with .f0 = 100 Hz were calculated. The three panels in Fig. 17 each show In contrast, Fig. 18 shows the waveforms for the same three complexes calculated with a basilar-membrane filter. For these simulations, we used a digital implementation of a linear, one-dimensional cochlear model consisting of 120 segments (Strube, 1985) . This filter simulates only the passive properties of the basilar membrane and the frequency selectivity is relatively poor compared to psychophysical estimates (cf. comments by Moore in Kohlrausch, 1988 ). This disadvantage is, however, more than compensated for by the phase characteristic of the model, which has a negative curvature over the range of its passband?
As discussed earlier (Smith et al., 1986 ) such a filter does show differences in the filtered waveforms for the two Schroeder-phase maskers for those values of f0 and fT for which the masked thresholds of stationary signals differ. With the result (b) of Sec. Ill, we can conclude that the same must be true for the minima in the MPPs. As can be seen by comparing the top and the bottom panel, the filter also shows differences between the m 0 and the m+ masker, with the latter having a slightly wider minimum in its temporal waveform. Thus, at least qualitatively, the modulation of the filtered waveforms does also agree with the masked threshold differences between rn 0 and rn + maskers. a This similarity between data and model simulation should, however, not be taken as a support that the basilar membrane behaves linearly. The only conclusion we can draw from the present study is that for the rather high masker level of 75 dB, the phase characteristic of the passive basilarmembrane model is suited to explain the observed phase effects. Since the amplitude and phase characteristics of the basilar membrane depend on the stimulus level (e.g., Ruggero et al., 1992), one can expect that phase effects of the type described in the present paper vary with the masker level. In order to model such data, one certainly has to use a nonlinear model for the basilar membrane (e.g., Gigu•re and Woodland, 1994). Such modeling is, however, beyond the scope of this paper.
harmonic numbers between 12 and 18 and increased for the two highest harmonics. For the lowest harmonics, no phase jnd could be determined at all. Using the above formulas, the phase jnd values transform to the following "masked thresh- 
C. Relation to just-noticeable phase changes in harmonic complexes
Moore and Glasberg (1989) studied the sensitivity to phase changes of a single component in a broadband harmonic complex. The authors explained the results in terms of changes in the waveforms at the outputs of auditory filters introduced by the phase changes. Since the same explanation is used in the present paper for the value of the masked threshold, the two studies should give comparable results.
The phase change by an amount a of a sinusoidal component with amplitude 1 is mathematically equivalent to the addition of a component with amplitude 2* sin(a/2) and relative phase 90+od2 (and, of course, the same frequency as the original component). For psychoacoustic experiments, this consideration is only meaningful ff the reference phase of the original component is somehow retained in the test interval. This is certainly the case ff many harmonics in zero phase interact within a single auditory filter, since they sum up to a highly modulated waveform. In low-frequency filters, where, in the extreme case, the harmonics are perfectly resolved, the waveform (more accurately, the envelope) is not changed at all by the phase change. Thus the above formula does not apply to the low-order harmonics, but may well be used to relate phase changes for higher-order harmonics to masked thresholds. 7
For a complex consisting of the first 20 harmonics of the fundamental 100 Hz in cosine phase the jnd was lowest for
D. Application of Schroeder-phase signals in speech research
The results of the present study are also relevant for speech manipulation techniques used to reduce the peak-torms ratio. Such techniques become interesting, if, e.g., the transmitter imposes some constraints on the maximal peak power. By enhancing the r•ns value without affecting the peak value, the loudness and the intelligibility of the speech waveform can be increased (Lynch, 1988; Quaffeft and McAulay, 1988) . One way to achieve a lower peak factor is, of course, to disperse the phase of the waveform. This leads exactly to the problem and the solution discussed by Schroeder (1970) and applied in the present study to generate the m + and the m_ complexes with a quadratic phase.
From a technical point of view, the quadratic phase-•or, more generally, the phase dispersion---can be used with a positive as well as with a negative sign for the phase values. However, since the original publication by Schroeder used a negative sign, it seems as if most later studies implemented only this one of the two possible solutions. Quaffeft and McAulay (1988), for instance, speak of a "chirp response with linearly increasing frequency" (p. 2559).
From the perceptual aspect, however, these two phase choices are not equivalent, since they lead to different amounts of the internal crest factor of the waveforms. Therefore, they might also lead to differences in, e.g., speech intelligibility. If listeners make use of temporal cues in the speech signal, they might be more effective in listening to a speech signal with decreasing instantaneous frequency, since for this signal the internal crest factor is increased due to the phase dispersion in the inner ear.
